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APPARATUS AND METHOD FOR ROBUST 
CLASSIFICATION OF AUDIO SIGNALS, AND 

METHOD FOR ESTABLISHING AND 
OPERATING AN AUDIO-SIGNAL DATABASE, 

AS WELL AS COMPUTER PROGRAM 

CROSS-REFERENCE TO RELATED 
APPLICATION 

This application claims priority from the German patent 
application Which Was ?led on Jul. 26, 2004 and is incorpo 
rated herein by reference in its entirety. 

BACKGROUND OF THE INVENTION 

1. Field of the Invention 
The present invention generally relates to an apparatus and 

a method for robust classi?cation of audio signals, as Well as 
to a method for establishing and operating an audio-signal 
database, in particular to an apparatus and a method for clas 
sifying audio signals Wherein a ?ngerprint for the audio sig 
nal is generated and evaluated. 

2. Description of Prior Art 
In recent years, the availability of multimedia data material 

has increased more and more. High-performance computers, 
the strong increase in availability of broad-band data net 
Works, high-performance compression methods, and high 
capacity storage media have made a major contribution to this 
development. There is a particularly strong increase in the 
number of available audio contents. Audio ?les coded in 
accordance With the MPEGl/2-Layer 3 standard, shortly 
referred to as MP3, are particularly Widely used. 

The large amount of audio data Which very often represent 
pieces of music makes it necessary to develop apparatus and 
methods enabling audio data to be classi?ed and speci?c 
audio data to be found. Since the audio data are present in 
various formats Which do not enable exact reconstruction of 
the audio content in every case due to, for example, lossy 
compression or to transmission via a transmission channel 
subject to distortion, there is a need for methods Which assess 
and/or compare audio signals on the grounds of a content 
based characterization rather than on the grounds of the rep 
resentation in terms of values. 
One ?eld of application of a means for content-based char 

acterization of an audio Signal is, for example, the provision 
of metadata to an audio signal. This is particularly relevant in 
connection With pieces of music. Here, the title and the per 
former may be determined for a given portion of a piece of 
music. Thus, additional information, e. g. about the album 
containing the music title, as Well as copyright information 
may also be determined. 

With content-based characterization, features of an audio 
signal must be extracted from the present representation of an 
audio signal. It has proven advantageous, in particular, to 
associate an audio signal With a set of data Which is obtained 
on the basis of the audio content of the audio signal and may 
be used for classifying, searching for or comparing an audio 
signal. Such a set of data is also referred to as a ?ngerprint. 

In recent years, a number of methods for content-based 
indexing of audio signals have been published. By means of 
such apparatus, music signals, or, generally, acoustic signals 
may be associated With a speci?c class or pattern on account 
of a preset property. Thus, acoustic signals may be catego 
rized by speci?c similarities. 

The major requirements placed upon a ?ngerprint of an 
audio signal Will be described in more detail beloW. Due to the 
large number of audio signals available it is necessary that the 
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2 
?ngerprint may be produced With moderate computing 
expenditure. This reduces the time required for generating the 
?ngerprint, and Without this, large-scale application of the 
?ngerprint is not possible. In addition, the ?ngerprint must 
not take up too much memory In many case it is required to 
store a large number of ?ngerprints in one database. It may be 
required, in particular, to keep a large number of ?ngerprints 
in the main memory of a computer. This clearly shoWs that the 
data volume of the ?ngerprint must be clearly smaller than the 
volume of data of the actual audio signal. It is required, on the 
other hand, that the ?ngerprint be characteristic for an audio 
piece. This means that tWo audio signals With different con 
tents must also have different ?ngerprints. In addition, one 
important requirement placed upon a ?ngerprint is that the 
?ngerprints of tWo audio signals Which represent the same 
audio content but differ from each other by, e.g., a distortion, 
be suf?ciently similar so as to be identi?ed as belonging 
together in a comparison. This property is typically referred 
to as robustness of the ?ngerprint. This is particularly impor 
tant Where tWo audio signals that have been compressed and/ 
or coded using different methods are to be compared. Fur 
thermore, audio signals that have been transmitted via a 
channel subject to distortion are to have ?ngerprints Which 
are very similar to the original ?ngerprint. 
A number of methods have already been knoWn by Which 

features and/or ?ngerprints may be extracted from an audio 
signal. US. Pat. No. 5,918,223 discloses a method for con 
tent-based analysis, storage, retrieval and segmentation of 
audio information. An analysis of audio data creates a set of 
numerical values Which is also referred to as a feature vector 
and Which may be used to classify and rank the similarity 
betWeen individual audio pieces. The features used for char 
acterizing and/or classifying audio pieces With regard to their 
contents are the loudness of a piece, the pitch, the clarity of 
sound, the bandWidth and the so-called Mel-frequency ceps 
tral coef?cients (MFCCs) of an audio piece. The values per 
block or frame are stored and subject to a ?rst time derivation. 
From this, statistical quantities are calculated, such as the 
mean value or the standard deviation, the statistical quantities 
being calculated for each of these features, including the ?rst 
derivations, thus to describe a variation over time. This set of 
statistical quantities forms the feature vector. The feature 
vector is thus a ?ngerprint of the audio piece and may be 
stored in a database. 

The specialist publication “Multimedia ContentAnalysis”, 
Yao Wang et al., IEEE Signal Processing Magazine, Novem 
ber 2000, pages 12 to 36, discloses a similar concept to index 
and characterize multimedia pieces. To ensure ef?cient asso 
ciation of an audio signal With a speci?c class, a number of 
features and classi?ers have been developed. Features pro 
posed for classifying the contents of a multi-media piece are 
time-domain features or frequency-domain features. These 
include the volume, the pitch as Well as the base frequency of 
an audio-signal form, spectral features, such as the energy 
content of a band With regard to the total energy content, 
cutoff frequencies in the spectral curve and others. In addition 
to short-term features relating to the so-called quantities per 
block of samples of the audio signal, long-term quantities are 
also proposed Which relate to a relatively long period of time 
of the audio piece. Further typical features are formed by 
forming a time difference of the respective features. The 
features obtained block by block are rarely passed on as such 
directly for classi?cation, since their data rate is still much too 
high. A common form of further processing consists in cal 
culating short-term statistics. This includes, e.g., the forma 
tion of a mean value, a variance, and time-related correlation 
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coe?icients. This reduces the data rate and results, on the 
other hand, in an enhanced recognition of an audio signal. 
WO 02/065782 describes a method of forming a ?nger 

print into a multimedia signal. The method is based on the 
extraction of one or several features from an audio signal. For 
this purpose, the audio signal is divided into segments, and 
each segment sees a processing by blocks and frequency 
bands. The band-by-band calculation of the energy, tonality 
and standard deviation of the spectrum of poWer density shall 
be mentioned as examples. 

In addition, DE 101 34 471 and DE 101 09 648 disclose an 
apparatus and a method for classifying an audio signal, 
Wherein the ?ngerprint is obtained on the basis of a measure 
for the tonality of the audio signal. Here, the ?ngerprint 
enables audio signals to be classi?ed in a robust and content 
based manner. The above documents give several possibilities 
of generating a tonality measure across an audio signal. In 
each case, the calculation of the tonality is based on a con 
version of a segment of the audio signal to the spectral 
domain. The tonality can then be calculated in parallel for a 
frequency band or for all frequency bands. The disadvantage 
of such a method is that the ?ngerprint is no longer su?i 
ciently informative as the distortion of the audio signals 
increases, and that it is then no longer possible to recogniZe 
the audio signal With satisfactory reliability. HoWever, distor 
tions occur in very many cases, in particular When audio 
signals are transmitted via a system exhibiting loW transmis 
sion quality. Currently, this is the case, in particular, With 
mobile systems and/or in the event of high data compression. 
Such systems, such as mobile telephones, are primarily con 
?gured for bi-directional transmission of voice signals and 
frequently transmit music signals only With a very poor qual 
ity. This is added to by other factors Which may have a 
negative impact on the quality of a signal transmitted, e.g. 
microphones of poor quality, channel interferences and 
transcoding effects. The consequence of a deterioration of the 
signal quality is a recognition performance Which is highly 
decreased With regard to an apparatus for identifying and 
classifying a signal. Research has shoWn that in particular 
When using an apparatus and/or a method according to DE 
101 34 471 and DE 101 09 648, by changes to the system 
While maintaining the recognition criterion of tonality (spec 
tral ?atness measure), no further signi?cant improvements of 
the recognition performance are possible. 

It may be stated that knoWn methods for classifying audio 
signals and/or for forming a ?ngerprint of an audio signal 
mostly cannot meet the demands placed upon them. Problems 
still exist With regard to the robustness against distortions of 
the audio signal, also toWards interferences superimposed on 
the audio signal. 

In a plurality of current systems for storing and transmit 
ting audio signals, high signal distortions and disturbances 
occur. This is the case, in particular, When a lossy data com 
pression method or a disturbed transmission channel are used. 
Lossy compression is used Whenever the data rate required 
for storing or transmitting an audio signal is to be reduced. 
Examples are data compression according to the MP3 stan 
dard and the methods used With digital mobile transceivers. In 
both cases, loW data rates are achieved in that the signals are 
quantiZed as coarsely as possible for the transmission. The 
audio bandWidth is, in part, highly limited. In addition, signal 
portions Which are not perceived at all by the human ear or are 
only perceived to a very small extent because they are, e.g., 
masked by other signal portions, are suppressed. 

Disturbances, or interferences, on the transmission channel 
are very frequent With mobile voice transmission applications 
in common use today. More often than not, in particular, the 
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4 
reception quality is very poor, Which becomes noticeable by 
means of increased noise on the audio signal transmitted. In 
addition, the transmission may be interrupted completely for 
a short time, so that a short section of an audio signal to be 
transmitted is missing completely. During such an interrup 
tion, a mobile phone generates a noise signal Which is per 
ceived to be less disturbing by a human user than full blanking 
of the audio signal. Finally, disturbances, or interferences, 
occur also during the handover from one mobile radio cell to 
another. All these interference effects must not represent too 
strong a corruption of the ?ngerprint, so that an identi?cation 
of a disturbed audio signal is still possible at a high level of 
reliability. 

Finally, the transmission of audio signals is also in?uenced 
by the frequency response characteristic of the audio part. In 
particular small and cheap components, as are often used With 
mobile devices, have a pronounced frequency response and 
thus distort the audio signals to be identi?ed. 

While a human listener may identify an audio signal With a 
high level of reliability even When the interferences and dis 
tortions described occur, the recognition performance audio 
signals decreases signi?cantly, in the occurrence of disturbed, 
With audio signal recognition means utiliZing a conventional 
?ngerprint of an audio signal. 

SUMMARY OF THE INVENTION 

It is the object of the present invention to provide a concept 
for calculating a more robust ?ngerprint on the grounds of an 
audio signal. 

In accordance With a ?rst aspect, the invention provides an 
apparatus for producing a ?ngerprint signal from an audio 
signal, the apparatus having: a calculator for calculating 
energy values for frequency bands of segments of the audio 
signal Which are successive in time, an energy value for a 
frequency band depending on an energy of the audio signal in 
the frequency band, so as to obtain a sequence of vectors of 
energy values from the audio signal, a vector component 
being an energy value in a frequency band; a scaler for scaling 
the energy values to obtain a sequence of scaled vectors; and 
a ?lter for temporally ?ltering the sequence of scaled vectors 
to obtain a ?ltered sequence Which represents the ?ngerprint 
signal, or from Which the ?ngerprint signal may be derived. 

In accordance With a second aspect, the invention provides 
a method for producing a ?ngerprint signal from an audio 
signal, the method including the folloWing steps: calculating 
energy values for frequency bands of segments of the audio 
signal Which are successive in time, an energy value for a 
frequency band depending on an energy of the audio signal in 
the frequency band, so as to obtain a sequence of vectors of 
energy values from the audio signal, a vector component 
being an energy value in a frequency band; scaling the energy 
values to obtain a sequence of scaled vectors; and temporally 
?ltering the sequence of scaled vectors to obtain a ?ltered 
sequence Which represents the ?ngerprint signal, or from 
Which the ?ngerprint signal may be derived. 

In accordance With a third aspect, the invention provides an 
apparatus for characterizing an audio signal, the apparatus 
having: an apparatus for producing a ?ngerprint signal from 
an audio signal, the apparatus having: 

a calculator for calculating energy values for frequency 
bands of segments of the audio signal Which are succes 
sive in time, an energy value for a frequency band 
depending on an energy of the audio signal in the fre 
quency band, so as to obtain a sequence of vectors of 
energy values from the audio signal, a vector component 
being an energy value in a frequency band; 
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a scaler for scaling the energy values to obtain a sequence 
of scaled vectors; and 

a ?lter for temporally ?ltering the sequence of scaled vec 
tors to obtain a ?ltered sequence Which represents the 
?ngerprint signal, or from Which the ?ngerprint signal 
may be derived; and 

a statement-maker about the audio content of the audio 
signal on the grounds of the ?ngerprint signal. 

In accordance With a fourth aspect, the invention provides 
a method for characterizing an audio signal, the method 
including the folloWing steps: producing a ?ngerprint signal 
using a method for producing a ?ngerprint signal from an 
audio signal, the method including the folloWing steps: 

calculating energy values for frequency bands of segments 
of the audio signal Which are successive in time, an 
energy value for a frequency band depending on an 
energy of the audio signal in the frequency band, so as to 
obtain a sequence of vectors of energy values from the 
audio signal, a vector component being an energy value 
in a frequency band; 

scaling the energy values to obtain a sequence of scaled 
vectors; and 

temporally ?ltering the sequence of scaled vectors to 
obtain a ?ltered sequence Which represents the ?nger 
print signal, or from Which the ?ngerprint signal may be 
derived; and making a statement about the audio content 
of the audio signal on the grounds of the ?ngerprint 
signal. 

In accordance With a ?fth aspect, the invention provides a 
method for establishing an audio database, the method 
including the folloWing steps: producing a ?ngerprint for 
each audio signal to be captured in the audio database, using 
the method for producing a ?ngerprint signal from an audio 
signal, the method including the folloWing steps: 

calculating energy values for frequency bands of segments 
of the audio signal Which are successive in time, an 
energy value for a frequency band depending on an 
energy of the audio signal in the frequency band, so as to 
obtain a sequence of vectors of energy values from the 
audio signal, a vector component being an energy value 
in a frequency band; 

scaling the energy values to obtain a sequence of scaled 
vectors; and 

temporally ?ltering the sequence of scaled vectors to 
obtain a ?ltered sequence Which represents the ?nger 
print signal, or from Which the ?ngerprint signal may be 
derived; 

for each audio signal to be captured, storing in the ?nger 
print as Well as further information in the audio database 
Which belongs to the audio signal, so that an association of a 
?ngerprint and the corresponding information is given. 

In accordance With a sixth aspect, the invention provides a 
method for obtaining information on the grounds of an audio 
signal database, Wherein associated ?ngerprint signals hav 
ing been formed by a method for producing a ?ngerprint 
signal from an audio signal, the method including the folloW 
ing steps: 

calculating energy values for frequency bands of segments 
of the audio signal Which are successive in time, an 
energy value for a frequency band depending on an 
energy of the audio signal in the frequency band, so as to 
obtain a sequence of vectors of energy values from the 
audio signal, a vector component being an energy value 
in a frequency band; 

scaling the energy values to obtain a sequence of scaled 
vectors; and 
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6 
temporally ?ltering the sequence of scaled vectors to 

obtain a ?ltered sequence Which represents the ?nger 
print signal, or from Which the ?ngerprint signal may be 
derived, 

are stored for several audio signals, and for obtaining a 
prede?ned search audio signals, the method including the 
folloWing steps: 

forming a search ?ngerprint signal belonging to the search 
audio signal using a method for producing a ?ngerprint signal 
from an audio signal, the method including the folloWing 
steps: 

calculating energy values for frequency bands of segments 
of the audio signal Which are successive in time, an 
energy value for a frequency band depending on an 
energy of the audio signal in the frequency band, so as to 
obtain a sequence of vectors of energy values from the 
audio signal, a vector component being an energy value 
in a frequency band; 

scaling the energy values to obtain a sequence of scaled 
vectors; and 

temporally ?ltering the sequence of scaled vectors to 
obtain a ?ltered sequence Which represents the ?nger 
print signal, or from Which the ?ngerprint signal may be 
derived; 

comparing the search ?ngerprint signal With at least one 
?ngerprint signal stored in the database, and making a state 
ment about the similarity thereof. 

In accordance With a seventh aspect, the invention provides 
a computer program having a program code for performing 
the method for producing a ?ngerprint signal from an audio 
signal, the method including the folloWing steps: 

calculating energy values for frequency bands of segments 
of the audio signal Which are successive in time, an 
energy value for a frequency band depending on an 
energy of the audio signal in the frequency band, so as to 
obtain a sequence of vectors of energy values from the 
audio signal, a vector component being an energy value 
in a frequency band; 

scaling the energy values to obtain a sequence of scaled 
vectors; and 

temporally ?ltering the sequence of scaled vectors to 
obtain a ?ltered sequence Which represents the ?nger 
print signal, or from Which the ?ngerprint signal may be 
derived, 

When the computer program runs on a computer. 
The present invention is based on the ?ndings that a ?n 

gerprint signal associated With an audio signal is robust 
against interferences in the case Where use is made of a 
feature of the signal Which is largely unaffected by various 
distortions of the signal and Which is accessible, in a similar 
form, for acoustic perception by humans, ie which includes 
band energies and, in particular, scaled band energies, an 
additional degree of robustness against interferences of, e. g., 
a Wireless channel being obtained by ?ltering the temporal 
course of the scaled band energies. 
Human hearing perceives audio signals in a manner in 

Which they are subdivided into individual frequency bands. 
Accordingly, it is advantageous to determine the energy of an 
audio signal band by band. Therefore, the inventive apparatus 
includes a means for calculating energy values for several 
frequency bands. By this means, the spectral envelope of an 
audio signal is represented in a technically and psycho-acous 
tically useful approximation. 

In addition, the present invention is based on the ?ndings 
that scaling of the energy values in several frequency bands 
both is in sync With human acoustic perception, and simpli?es 
technological further processing of the energy values and 
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enables the compensation of spectral signal distortions 
caused by a suboptimal frequency response of a transmission 
channel. Human acoustic perception may identify an audio 
signal even When individual frequency bands are elevated or 
attenuated in terms of their performance. In addition, a human 
listener may identify a signal independently of the volume. 
This ability of a human listener is copied by a means for 
scaling. Re-scaling of the band-by-band energy values is 
useful also for a technical application. 
By applying a ?lter operation to the band-by-band energy 

values, interferences may eventually be suppressed in the 
same manner as is done by human auditory perception. Tem 
poral ?ltering of the band-by-band energy values is more 
e?icient here than conventional ?ltering of the audio signal 
itself, and enables the formation of a ?ngerprint Which is 
more robus against signal interferences than is common With 
conventional apparatus. 
By an inventive apparatus Which combines a band-by-band 

determination of energy values in several frequency bands 
With scaling and ?ltering same, a robust ?ngerprint signal of 
an audio signal having a high level of validity may be pro 
duced. 
An advantage of the present apparatus is that the ?nger 

print of an audio signal here is adjusted to human hearing. It 
is not only purely physical, but essentially psycho-acousti 
cally based features that in?uence the ?ngerprint. When an 
inventive apparatus is applied, audio signals Will then have 
similar ?ngerprints When a human listener Would judge them 
as similar. The similarity of ?ngerprints correlates With the 
subjective perception of the similarity of audio signals as 
judged by a human listener. 
A result of the above-mentioned considerations is an appa 

ratus for producing a ?ngerprint signal on the grounds of an 
audio signal, Which apparatus alloWs being able to identify 
and classify even audio signals exhibiting signal interferences 
and distortions. The ?ngerprints are robust, in particular, With 
regard to noise, interferences occurring in channels, quanti 
Zation effects and artefacts due to lossy data compression. 
Even distortion Which occurs With regard to the frequency 
response has no signi?cant in?uence on a ?ngerprint Which 
has been produced With an inventive apparatus. Thus, an 
inventive apparatus for producing a ?ngerprint associated 
With an audio signal is Well suited for employment in con 
nection With mobile communication means, eg mobile 
phones according to the GSM, UMTS or DECT standards. 

In a preferred embodiment, compact ?ngerprints may be 
produced at a data rate of about 1 kByte per minute of audio 
material. This compactness alloWs very e?icient further pro 
cessing of the ?ngerprints in electronic data processing 
equipment. 

Additional advantages may be achieved by further 
improvement of details of the present method for forming a 
?ngerprint of an audio signal. 

In a preferred embodiment, a discrete Fourier transform is 
performed for a segment of an audio signal by means of a fast 
Fourier transform. Subsequently, the amounts of the Fourier 
coe?icients are squared and summed up band by band to 
obtain energy values for a frequency band. An advantage of 
such a method is that the energy present in a frequency band 
may be calculated at loW expense. In addition, a correspond 
ing operation is already contained in the MPEG7 standard 
and therefore does not need to be implemented separately. 
This reduces the development costs. 

In a further preferred embodiment, the frequency bands 
have variable bandWidths, the bandWidth being larger at high 
frequencies. Such a procedure is in line With human hearing 
and psycho-acoustic ?ndings. 
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In a further preferred embodiment, the means for scaling 

includes a means for taking the logarithm and a means, 
arranged doWnstream of the means for taking the logarithm, 
for suppressing a steady component. Such an arrangement is 
very advantageous, since both logarithmic normalization and 
an elimination of the in?uence of the signal level in the 
frequency bands is effected at loW expense. A change of the 
signal level Which is constant in time only entails a steady 
component in taking the algorithm. This steady component 
may be suppressed in a relatively simple manner by a suitable 
arrangement. The logarithmic normalization is very Well 
adapted, by the Way, to the human loudness perception. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Preferred embodiments of the present invention Will be 
described beloW in more detail With reference to the accom 
panying ?gures, Wherein: 

FIG. 1 shoWs a block diagram of an inventive apparatus for 
producing a ?ngerprint signal from an audio signal; 

FIG. 2 shoWs a detailed block diagram of a further embodi 
ment of an inventive apparatus for producing a ?ngerprint 
signal from an audio signal; 

FIG. 3 shoWs a ?oWchart of an embodiment of a method for 
establishing an audio database; and 

FIG. 4 shoWs a ?oWchart of an embodiment of a method for 
obtaining information on the grounds of an audio-signal data 
base. 

DESCRIPTION OF PREFERRED 
EMBODIMENTS 

FIG. 1 shoWs a block diagram of an inventive apparatus for 
producing a ?ngerprint signal from an audio signal, the appa 
ratus being designated by 10 in its entirety. The apparatus is 
fed an audio signal 12 as an input signal. In a ?rst stage 14, 
energy values are calculated for frequency bands, Which Will 
then be available in the form of a vector 16 of energy values. 
In a second stage 18, the energy values are scaled. A vector 20 
of scaled energy values for several frequency bands Will then 
be available. At a third stage 22, this vector is time-?ltered. As 
an output signal of the apparatus, there Will be a vector 24 of 
scaled and ?ltered energy values for several frequency bands. 

FIG. 2 shoWs a detailed block diagram of an embodiment 
of an inventive apparatus for producing a ?ngerprint signal 
from an audio signal, Which apparatus is designated by 30 in 
its entirety. A pulse-code-modulated audio signal 32 is 
present at the input of the apparatus. This signal is fed to an 
MPEG-7 front end 34.At the output of the MPEG-7 front end, 
there is a sequence of vectors 36, Whose components repre 
sent the energies of the respective bands this sequence of 
vectors is fed to a second stage 38 for processing the audio 
spectrum envelope. At the output thereof, there is a sequence 
of vectors 40 Which represent, in their entirety, the ?ngerprint 
of the audio signal. The MPEG-7 front end 34 is part of the 
MPEG-7 audio standard and includes a means 50 for Win 
doWing the PCM-coded audio signal 32. At the output of the 
WindoWing means 50, there is a sequence of segments 52 of 
the audio signal, having a length of 30 ms. These are fed to a 
means 54 Which calculates the spectra of the segments by 
means of a discrete Fourier transform, and at Whose output 
Fourier coe?icients 56 are present. A last/?nal means 58 
forms the audio spectrum envelope (ASE). Here, the amounts 
of the Fourier coef?cients 56 are squared and summed up 
band by band. This corresponds to calculating the band ener 
gies. The Widths of the bands increase With an increase in 
frequency (logarithmic band classi?cation), and may be 
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determined by a further parameter. Thus, a vector 36 results 
for each segment, the entries of Which represent the energy in 
a frequency band of a segment of a length of 30 ms. The 
MPFG-7 front end for calculating the band-by-band spectrum 
envelope of an audio segment is part of the MPEG-7 audio 
standard (ISO/IEC JTCl/SC29/WG ll (MPEG): “Multime 
dia Content Description Interfaceipart 4: Audio”, Interna 
tional Standard 15938-4, ISO/IEC, 2001). 

The sequence of vectors obtained With the MPEG-7 front 
end is, as such, unsuitable With regard to robust classi?cation 
of audio signals. Therefore, a further stage for processing the 
audio spectrum envelope is necessary to modify the sequence 
of vectors Which serves as a feature, so that this feature 
obtains a higher robustness and a loWer data rate. 

The means 38 for processing the audio spectrum envelope 
comprises, as a ?rst stage, a means 70 for taking the logarithm 
of the band-by-band energy values 36. The energy values 72, 
the logarithm of Which has been taken, are then fed to a 
loW-pass ?lter 74. DoWnstream of the loW-pass ?lter 74 there 
is a means 76 for decimating the number of energy values. 
The decimated sequence 78 of energy values is fed to a 
high-pass ?lter 80. The high-pass ?ltered sequence 82 of 
spectral energy values is eventually handed over to a signal 
adapted quantiZer 84. At the output thereof, there is, ?nally, a 
sequence of processed spectral values 40 Which, in their 
entirety, represent the ?ngerprint. 

Based on the description of the structure of the apparatus 
for producing a ?ngerprint signal from an audio signal, the 
mode of operation Will noW be described in detail. The basis 
of the inventive apparatus for producing a ?ngerprint signal 
from an audio signal is the calculation of the band energies in 
several frequency bands of an audio-signal segment. This 
corresponds to determining the audio spectrum envelope. In 
the embodiment shoWn, this is achieved by the MPEG-7 front 
end 34. It is preferred, in this embodiment, for the Widths of 
the bands to increase With an increase in frequency, and for 
the energy values of the frequency bands to be available as a 
vector 36 of band-energy values at the output of the MPEG-7 
front end 34 such signal processing corresponds to human 
hearing, Wherein perception is divided up into several fre 
quency bands, the Widths of Which increase With an increase 
in frequency. Thus, the human auditory sensation is copied, in 
this respect, by the MPEG-7 front end 34. 

In a further processing step, the energy values are normal 
iZed band by band. The apparatus for normaliZing includes 
tWo stages, a means 70 for taking the logarithm of the energy 
values and a high-pass ?lter 80. Here, taking the logarithm 
ful?ls tWo tasks. On the one hand, taking the logarithm copies 
human perception of loudness. Especially With high volumes, 
or high levels of loudness, subjective perception by humans 
increases by a certain amount When the audio performance 
just doubles. A means 70 for taking the logarithm exhibits 
exactly the same behavior. In addition, the means 70 for 
taking the logarithm has the advantage that the range of values 
for the energy values in a band is reduced, Which enables a 
notation of ?gures Which is clearly advantageous from a 
technical point of vieW. In particular, it is not necessary to use 
a ?oating-point notation, but a ?xed-point notation may be 
used. 

In addition it should be mentioned that “taking the loga 
rithm” here ought not to be understood in a strictly math 
ematical sense. Especially With smaller energies in a fre 
quency band, taking the logarithm Would lead to values of 
very large amounts. Neither is this useful from a technical 
point of vieW, nor does it correspond to the auditory sensation 
of humans. On the other hand, it is useful to use, for small 
energy values, an approximately linear characteristic or at 
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10 
least to set a loWer limit to the range of values. This, in turn, 
corresponds to human perception, Wherein a hearing thresh 
old exists for small volumes, but a roughly logarithmic per 
ception of the sound poWer occurs for high volumes. It may 
thus be established that the dynamics of the energy values 
Which exhibit, as experience shoWs, a very large range of 
values, is compressed to a much smaller value by taking the 
logarithm. The operation of taking the logarithm in accor 
dance With the above description thus approximately corre 
sponds to a speci?c loudness formation. The choice of the 
logarithmic base is irrelevant, since this only corresponds to a 
multiplicative constant that may be compensated by further 
signal processing, in particular by a ?nal quantiZation. 

In addition to compressing the dynamic range and to per 
forming an adaptation to human hearing, scaling also ful?ls 
the task of making the formation of a ?ngerprint from an 
audio signal independent of the level of the audio signal. To 
facilitate understanding, it is to be taken into account that the 
?ngerprint may be formed both from an uncorrupted signal 
that Was available originally, and from a signal transmitted via 
a transmission channel. Here, a change in the loudness, or 
level, may occur. In addition, in a transmission via a trans 
mission path With a non-constant frequency response, indi 
vidual frequency components are attenuated or ampli?ed. 
Thus, tWo signals having the same contents may exhibit vary 
ing spectral energy distribution. In the folloWing it shall be 
assumed that the frequency-response distortion betWeen tWo 
signals is independent of time. It shall further be assumed that 
the distortion Within a frequency band is approximately con 
stant. In this case it may be assumed that the energies in a 
prede?ned frequency band only differ by a multiplicative 
constant Which is constant in time for tWo signals With iden 
tical audio contents. The operation of taking the logarithm 
maps a multiplicative constant, Which is constant in time, to 
an additive term Which is constant in time. Thus, after taking 
the logarithm of the energies, an ampli?cation and/or attenu 
ation constant, by Which tWo signals differ, appears as a 
constant additive term in the feature value. This term is ?l 
tered off from the signal by applying a high-pass ?lter 80 
Which, in particular, suppresses a steady component. Other 
?lters Which suppress a steady component may also be used. 
It should be pointed out, in particular, that in the present 
arrangement, such an adaptation occurs separately for each 
frequency band. Thus, the normaliZation of levels for each 
frequency band is independent, and a spectral distortion of a 
signal may be compensated. By the Way, this corresponds to 
the ability of human hearing to identify spectrally distorted 
audio signals. 

In addition, the apparatus for producing a ?ngerprint signal 
from an audio signal includes, in the embodiment present 
here, a loW-pass ?lter 74. The latter ?lters, in the time domain, 
the sequence of the energy values for the frequency bands. 
Again, ?ltering occurs separately for the frequency bands. 
LoW-pass ?ltering is useful, since the temporal consequences 
of the values, the logarithm of Which has been taken, contain 
both components of the signal to be identi?ed, and interfer 
ences. LoW-pass ?ltering smoothes the temporal course of the 
energy values. Thus, components Which are rapidly variable, 
Which are mostly caused by interferences, are removed from 
the sequence of the energy values for the frequency bands. 
This results in an improved suppression of spurious signals. 
At the same time, the amount of information to be pro 

cessed is reduced by loW-pass ?ltering by means of the loW 
pass ?lter 74, elimination being particularly focused on the 
high-frequency components. Due to the loW-pass character of 
the signal, the signal may be decimated by a certain factor D 
by means of a decimation means 76 connected doWnstream of 
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the loW-pass ?lter 74, Without losing information (“sampling 
theorem”). This means that only a smaller number of samples 
is used for the energy in a frequency band. Here, the data rate 
is reduced by a factor of D. 

The combination of the loW-pass ?lter 74 and the decima 
tion means 76 thus alloWs not only suppression of interfer 
ences by means of loW-pass ?ltering, but it alloWs, in particu 
lar, suppression of redundant information and thus also a 
reduction of the amount of data for the ?ngerprint signal. 
Therefore, all the information that has no direct in?uence on 
the auditory sensation of humans are suppressed. The deci 
mation factor is determined using the loW-pass frequency of 
the ?lter. 

Finally it is expedient to quantize the energy values thus 
processed in a quantizing means 84 in a signal-adapted man 
ner. In the process, ?nite integer values are associated With the 
real-valued energy values. The quantization intervals may be 
non-uniform, as the case may be, and may be determined by 
the signal statistics. Alternatively, it may be advantageous to 
use small quantization intervals for small values and large 
quantization intervals for high values. In particular, intercon 
necting the high-pass ?lter 80 and a quantizing means 84 
provides an advantage. The high-pass ?lter 80 reduces the 
range of values of the signal. This alloWs quantization at a loW 
resolution. Similarly, many values are mapped to a small 
number of quantization steps, Which alloWs the quantized 
signal to be coded by means of entropy codes, and thus 
reduces the amount of data. 

In addition, signal-adapted quantization may be effected 
by forming amplitude statistics for the signal in a pre-pro 
ces sing means Thus it is knoWn Which amplitude values come 
up With the highest frequency in the signal. The characteris 
tics of the quantizers are determined on the basis of the 
relative frequencies of the respective values. Fine quantiza 
tion levels are selected for frequently occurring amplitude 
values, Whereas amplitude values and/ or the associated 
amplitude intervals Which rarely occur in signals are quan 
tized With larger quantization levels. This affords the bene?t 
that for a given signal With a predetermined amplitude statis 
tic, a quantization With the smallest possible error (Which is 
typically measured as an error behavior, or error energy) may 
be achieved. In contrast to the above-described non-linear 
quantization, Wherein the magnitude of the quantization lev 
els is substantially proportional to the associated signal value, 
the quantizer must be readjusted to each signal in the signal 
adapted quantization, unless it is assumed that several signals 
have very similar amplitude statistics. 
A signal-adapted quantization of the feature vectors may 

also be effected by quantizing the vector components With an 
adjusted vector quantizer. Thus, an existing correlation 
betWeen the components is also implicitly taken into account. 

Instead of performing a direct vector quantization, it is also 
possible to subject the vectors to a linear transformation prior 
to the quantization. This transformation is preferably con?g 
ured such that a maximum de-correlation of the transformed 
vector components is ensured. Such a transformation may be 
calculated as a main-axis transformation. In this operation, 
the signal energy is typically concentrated in the ?rst trans 
formed components, so that the last values may be ignored. 
This corresponds to a reduction of dimensions. The trans 
formed vectors are subsequently subjected to scalar quanti 
zation. This is preferably done in a manner Which is signal 
adapted for all components. 

Thus, an embodiment of an apparatus has been described 
Which assists in producing a ?ngerprint signal from an audio 
signal. A major advantage of the apparatus presented is con 
stituted, on the one hand, by the high robustness, Which 
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alloWs an ability to identify GSM-coded audio signals, and, 
on the other hand, by the small sizes of the signatures. Sig 
natures may be produced a rate of about 1 kByte per minute of 
audio material. With an average song length of about 4 min 
utes, this results in a signature size of 4 kByte per song. This 
compactness alloWs, among other things, to increase the num 
ber of reference signatures in the main memory of an indi 
vidual computer. Thus, one million reference signatures may 
be readily accommodated in the main memory on neWer 
computers. 
The embodiment described With regard to FIG. 2 repre 

sents a preferred embodiment of the present invention. HoW 
ever, it is possible to make a large variety of changes Without 
departing from the essential idea of the invention. 
A number of different means may be used for determining 

the energies in the frequency bands. The MPEG-7 front end 
34 may be replaced by any other apparatus as long as it is 
ensured that the energy values are available at their output in 
several frequency bands in the segments of an audio signal. 
Here, the classi?cation of the frequency bands may be 
changed, in particular. Instead of a logarithmic band classi? 
cation, any band classi?cation may be used, it being prefer 
able to use a band classi?cation Which is adapted to human 
hearing. The length of the segments into Which the audio 
signal is divided may also be varied. In order to keep the data 
rate small, segment lengths of at least 10 ms are preferred. 
A variety of methods are available for scaling the energy 

values in the frequency bands. Instead of taking the logarithm 
of the spectral band energies, as set forth in the above embodi 
ment, folloWed by high-pass ?ltering, the approximate loga 
rithm may be taken, for example. In addition, the range of 
values of the initial values of the means for taking the loga 
rithm may be limited. This affords the bene?t that, in particu 
lar With very small energy values, the result of taking the 
logarithm is in a limited range of values. In particular, the 
means 70 for taking the logarithm may also be replaced by a 
means Which is adapted even better to the loudness perception 
of humans. Such an improved means may take into account, 
in particular, the loWer hearing threshold of humans as Well as 
the subjective loudness perception. 

In addition, the spectral band energies may be normalized 
by the overall energy. In such an embodiment, the energy 
values in the individual frequency bands are divided by a 
normalization factor, Which is either a measure of the total 
energy of the spectrum or of the total energy of the bands 
considered. In this form of normalization, no more high-pass 
?ltering needs to be performed, and it is not necessary to take 
the logarithm. On the contrary, the total energy in each seg 
ment is constant. Such an approach is advantageous in par 
ticular if only very little mean energy exists in individual 
frequency bands. Such a normalization method obtains the 
ratio of the energies in different bands. With some audio 
signals this may represent an important feature, and it is 
advantageous to obtain the feature. A decision as to Which 
type of normalization is expedient may be made as a result of 
an uncorrupted audio signal, i.e. of an audio signal Which is 
not distorted With regard to the frequency response. The nor 
malization of the spectral band energies by the total energy 
has been proposed, e.g., inY. Wang, Z. Liu and J. C. Huang: 
“Multimedia Content Analysis”, IEEE Signal Processing 
Magazine, 2000. 

It is also possible to perform local spectral normalization. 
A normalization of this kind has been described in J. Soo Seo, 
J. Haitsma and T. Kalker: “Linear Speed-change Resilient 
Audio Fingerprinting”, Proceedings 1“ IEEE Benelux Work 
shop on Model Based Processing and Coding of Audio”, 
Leuven, Belgium, 2002. 
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Various methods may be employed for temporal smooth 
ing of the energy values in successive segments. In the above 
described embodiment, a digital loW-pass ?lter is used. In 
addition, it is also possible to calculate modulation spectra for 
the energy values. Here, loW-frequency modulation coe?i 
cients describe the smoothed course of the spectral energy 
values. The use of modulation spectra for audio recognition 
has been described, e.g., by S. Sukittanon and L. Atlas: 
“Modulation Frequency Features for Audio Fingerprinting”, 
IEEE ICASSP 2002, pp. 1773-1776, Orlando, Fla., USA, 
2002. In comparison, smoothing of the temporal course of the 
energy values in successive segments is made possible by 
calculating a sliding mean value. Thus, a mean value is cal 
culated from a speci?c number of successive features. In the 
MPEG-7 standard, e. g., this is made possible by the “scalable 
series”. This type of smoothing, hoWever, has the draWback 
that it may entail aliasing, in the context of signal theory. This 
effect, hoWever, may be suppressed, for the most part, by a 
suitably dimensioned loW-pass ?lter. 

In addition, it is possible to dispense With the decimation 
stage. This is useful, in particular, if the segments of the audio 
signal Which have been processed are very long. In this case, 
the data rate is already suf?ciently small by itself, and no 
more decimation is required. The advantage of such an 
arrangement is that in the entire apparatus, the same data rate 
applies for deriving a ?ngerprint from the spectral energy 
values. This facilitates a technical implementation, in particu 
lar in the form of a computer program. 

The high-pass ?lter 80 may vary Within a broad range. A 
very simple embodiment consists in using the differences of 
tWo successive values, respectively. Such an embodiment has 
the advantage that it is very simple to realiZe from a technical 
point of vieW. 

Means 84 for quantiZing may be modi?ed Within a broad 
range. It is not absolutely necessary and may be dispensed 
With in an embodiment. This reduces the expense incurred in 
the implementation of the inventive apparatus. On the other 
hand, in a further embodiment, a quantiZing means may be 
used Which is adapted to the signal and Wherein the quanti 
Zation intervals are adapted to the amplitude statistics of a 
signal. Thus, the quantization error for a signal becomes 
minimal. A vector quantiZation may also be adapted to the 
signal and/or may be combined With a linear transform. 

In addition, it is possible to combine the quantiZing means 
With an apparatus for high-pass ?ltering and/or for forming 
differences. In many cases, a formation of differences reduces 
the range of values of the signals to be quantiZed. Changes in 
the energy values are emphasiZed, signals constant in time are 
made to be Zero. If a signal exhibits nearly unchanged values 
in a su?iciently large number of segments successive in time, 
the difference is approximately Zero. Accordingly, the output 
signal of the quantiZer is also Zero. If coding the quantiZed 
signals is effected using an entropy code Wherein a short 
symbol is associated With frequently occurring signal values, 
the Waveform may be stored With a minimum outlay in terms 
of storage space. 

In a further embodiment, the scalar quantiZers individually 
quantiZing the energy values processed for each frequency 
band may be replaced by a vector quantiZer. Such a vector 
quantiZer associates an integer index value With a vector 
Which includes the processed energy value in the frequency 
bands used (eg in four frequency bands). The result for each 
vector of energy values is noW only a scalar value. Thus, the 
amount of data at hand is smaller than With the separate 
quantiZation of the energy values in the frequency bands, 
since correlations Within the vectors are taken into account. 
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In addition, a form of quantiZation may be used Wherein the 

Widths of quantiZation levels is larger for large energy values 
than for small energy values. The result is that even small 
signals may be quantiZed With a satisfactory resolution. It is 
possible, in particular, to design the quantiZing means such 
that the maximum relative quantiZation error of roughly the 
same magnitude for small and large energy values. 

In addition, in another embodiment, the order of the pro 
ces sing means may be changed In particular, means that cause 
linear processing of the energy values may be exchanged. 
HoWever, it is expedient for a decimation means Which may 
be present to be arranged immediately doWnstream of a loW 
pass ?lter. Such a combination of loW-pass ?ltering and deci 
mation is useful, since disturbing in?uences due to under 
sampling may be avoided most effectively. Moreover, a high 
pass ?lter must be arranged doWnstream of the means for 
taking the logarithm in order to be able to suppress the steady 
component that may result When taking the logarithm. 
The inventive apparatus for producing a ?ngerprint signal 

from an audio signal may be employed advantageously for 
establishing and operating an audio database. 

FIG. 3 shoWs a ?owchart of an embodiment of a method for 
establishing a database. What is described here is the 
approach to producing a neW data set on the grounds of an 
audio signal. Once the process has started (300), the ?rst free 
data set is initially searched for (310). Subsequently, a search 
is made Whether an audio signal is present for processing 
(320). If this is so, a ?ngerprint signal associated With the 
audio signal is produced (330) and stored in the database 
(340). If, additionally, there is still information (so-called 
metadata) about the audio signal (350), it is also stored (360) 
into the database, and a cross-reference to the ?ngerprint is 
made. Here, storing of a data set is completed. In the database 
application, a pointer is then set to the nearest free data set 
(370). If further audio signals are to be processed, the process 
described above is cycled through several times. If there are 
no more audio signals to be processed, the process is termi 
nated (380). 

FIG. 4 shoWs a ?owchart of an embodiment of a process for 
obtaining information on the grounds of an audio-signal data 
base. It is the aim of this process to obtain information about 
a prede?ned search audio signal from a database. In a ?rst 
step, a search ?ngerprint is produced (400) from the search 
audio signal. For this purpose, an apparatus and/or a method 
in accordance With the present invention is employed. Sub 
sequently, the data-set pointer of the database is directed at 
the ?rst data set to be broWsed (410). The ?ngerprint signal 
for a database entry, Which signal is stored in the database, is 
then read out from the database (420). On the grounds of the 
search ?ngerprint signal and the read-out ?ngerprint signal of 
the current database entry, a statement is noW made about the 
similarity of the audio signals (430). If further data sets are to 
be processed (440), reading out the ?ngerprint signal and 
comparing it With the search ?ngerprint signal is repeated for 
the further data sets. If all data sets to be broWsed have been 
processed, a statement is made about the result of the search 
(450), Wherein the statements made for each of the data sets to 
be broWsed are taken into account. 

In a preferred embodiment, the inventive method for 
broWsing an audio-signal database is expanded to include 
outputting of meta-information belonging to the audio signal. 
This is useful, for example, in connection With pieces of 
music. By means of a given portion of a music title, a database 
may be broWsed using the described method. Once a su?i 
cient similarity of the unknoWn music title With a music title 
captured in the database is recogniZed, the metadata stored in 
the database may be output. This data may include, e.g., the 
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title and performer of the piece of music, information about 
the album containing the title, as Well as information about 
supply sources and copyrights. Thus it is possible to obtain all 
information required about a piece of music on the basis of a 
portion thereof. 

In an expansion of the method described, the database may 
also contain the actual music data. Thus, the entire piece of 
music may be delivered back starting from the knoWledge of 
a portion of the music. 

The above-described method for operating an audio data 
base is, of course, not restricted to pieces of music. On the 
contrary, all kinds of natural or technical sounds may be 
classi?ed accordingly. An audio database based on an inven 
tive method may thus deliver back corresponding metadata 
and enable the recognition of a large variety of acoustic sig 
nals. 

The methods for establishing and operating an audio-sig 
nal database Which have been described With reference to 
FIGS. 3 and 4 differ from conventional databases substan 
tially in the manner in Which a ?ngerprint signal is produced. 
The inventive method for producing a ?ngerprint signal 
enables the generation of a ?ngerprint signal Which is very 
robust against disturbing in?uences, on the basis of the con 
tent of an audio signal. Thus, the recognition of an audio 
signal that has previously been stored into the database is 
possible With a high level of reliability even if the audio signal 
used for comparison has disturbances superimposed on it or is 
distorted in its frequency response. In addition, the magnitude 
of an inventive ?ngerprint signal is only about 4 kByte per 
song. This compactness affords the bene?t that the number of 
reference signatures in the main memory of a single computer 
is increased as compared With other methods. A million ?n 
gerprint signals may be accommodated in the main memory 
on a modern computer. Thus, the search for an audio signal is 
not only very reliable but may also be performed in a very fast 
and resource-ef?cient manner. 

The processes described With reference to FIGS. 3 and 4 
may be varied Within a broad range. In particular, any method 
suitable for establishing and operating a database may be 
employed, as long as it is ensured that the inventive ?nger 
print signal is used. It is feasible, for example in individual 
solutions, to produce the ?ngerprint signal from the database 
not until it is actually required. This is advantageous if an 
audio database ful?ls several tasks at once and if the com 
parison of tWo audio signals is required only as an exception. 
Moreover, additional search criteria may readily be included. 
In addition, it is possible to associate entries of the database 
With a class of similar audio signals on the grounds of the 
?ngerprint signal, and to store the information about the 
association With a class in the database. 

The present invention thus provides an apparatus and a 
method for producing a ?ngerprint signal from an audio sig 
nal, as Well as apparatus and methods Which alloW an audio 
signal to be characterized, and/ or a database to be established 
and operated, on the grounds of this ?ngerprint. Here, the 
production of the ?ngerprint signal takes into account both 
the aspects relevant for technical realiZation and a loW 
expense in terms of implementation, a small magnitude of the 
?ngerprint signal and a robustness against disturbances as 
Well as psycho-acoustics phenomena. The result is a ?nger 
print signal Which is very small in relation to the data volume 
and Which characteriZes the content of an audio signal and 
enables the audio signal to be recogniZed With a high level of 
reliability. The use of the ?ngerprint signal is suitable both for 
classifying an audio signal and for database applications. 

Depending on the circumstances, the inventive method for 
producing a ?ngerprint signal from an audio signal may be 
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implemented in hardWare or in softWare. The implementation 
may be effected on a digital storage medium, in particular a 
disc or CD With electronically readable control signals Which 
may cooperate With a programmable computer system such 
that the corresponding process is executed. Generally, the 
invention thus also consists in a computer-program product 
With a program code, stored on a machine-readable carrier, 
for performing the inventive method if the computer-program 
product runs on a computer. In other Words, the invention may 
thus also be realiZed as a computer program With a program 
code for performing the method When the computer program 
runs on a computer. 

In addition, the present invention may also be developed 
further through a number of detail improvements. 

In an embodiment, a segment of the audio signal has a 
length in time of at least 10 ms. Such a con?guration reduces 
the number of energy values to be formed in the individual 
frequency bands in comparison With methods using a shorter 
segment length. The amount of data at hand is smaller, and 
subsequent processing of the data requires less expense. It has 
been found, hoWever, that a segment length of about 20 ms is 
suf?ciently small With regard to human perception. Shorter 
audio components in a frequency band do not occur in typical 
audio signals and hardly contribute to human perception of 
audio-signal content. 

In one embodiment, the means for scaling is designed to 
compress a range of values of the energy values so that a range 
of values of compressed energy values is smaller than a range 
of values of non-compressed energy values. Such an embodi 
ment provides the advantage that the dynamic range of the 
energy values is reduced. This alloWs a so-called number 
representation. Thereby, in particular, the need to use a ?oat 
ing-point representation is avoided. In addition, such an 
approach takes into account a dynamic compression Which 
also takes place in the human ear. 

In a further embodiment, scaling may go hand in hand With 
normalizing the energy values. If a normaliZation is per 
formed, the dependence of the energy values on the control 
recording level of the audio signal is eliminated. This sub 
stantially corresponds to the ability of human hearing to adapt 
to loud and soft signals alike and to ascertain the correspon 
dence, in terms of content, betWeen tWo audio signals inde 
pendently of the current playback volume. 

In accordance With one embodiment it is either possible to 
restrict the range of values to an interval betWeen a loWer limit 
and an upper limit, or to take the logarithm of the energy 
values. Both approaches lead to robust ?ngerprints of an 
audio signal. Taking the logarithm here is more closely 
related to the properties of human auditory perception. 

In one embodiment, the means for scaling is con?gured to 
scale the energy values in accordance With the human loud 
ness perception. Such an approach affords the bene?t that 
both soft and loud signals are assessed very precisely in 
accordance With the perceptive faculty of humans. 

In accordance With a preferred embodiment, the means for 
scaling the energy values is con?gured to scale the energy 
values band by band. The scaling on a band-by-band basis 
here corresponds to the ability of humans to recogniZe an 
audio signal even if it distorted in relation to the frequency 
response. 

In one embodiment, a steady component is suppressed by 
a high-pass ?lter connected doWnstream of the means for 
taking the logarithm. This alloWs achieving identical control 
recording levels in all frequency bands Within a predeter 
mined range of tolerance. The range of tolerance admissible 
for evaluating the spectral energy values here is about :3 db. 
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In a further embodiment, the means for scaling is con?g 
ured to perform a normalization of the energy value by the 
total energy By means of such an arrangement, the depen 
dence on the signal level may be eliminated, just like in the 
band-by-band normalization. 

In a further embodiment, the means for temporal ?ltering 
of the sequence of scaled vectors includes a means con?gured 
to achieve temporal smoothing of the sequence of scale vec 
tors. This is advantageous since disturbances on the audio 
signal mostly result in a fast change of the energy values in the 
individual frequency bands. In comparison thereWith, infor 
mation-bearing components mostly change at a loWer rate. 
This is due to the characteristic of audio signals Which rep 
resent, in particular, a piece of music. 

The means for temporal smoothing of the sequence of 
scaled vectors is, in one embodiment, a loW-pass ?lter With a 
cutoff frequency of less than 10 Hz. Such a dimensioning is 
based on the ?ndings that the information-bearing features of 
a voice or music signal change at a comparatively loW rate, ie 
on a time scale of more than 100 ms. 

In a further embodiment, the means for temporal ?ltering 
of the sequence of scale vectors includes a means for forming 
the difference betWeen tWo energy values successive in time. 
This is an e?icient implementation of a high-pass ?lter. 

In a further embodiment, the apparatus for producing a 
?ngerprint signal from an audio signal comprises a loW-pass 
?lter as Well as a decimation means connected to the output of 
the loW-pass ?lter. The decimation means is con?gured to 
reduce the number of vectors derived from the audio signal 
such that a Nyquist criterion is met. Such an embodiment, in 
turn, is based on the ?ndings that only temporally sloW 
changes of the energy values in the individual frequency 
bands have a high information content concerning the audio 
signal to be classi?ed. Accordingly, fast changes of the energy 
values may be suppressed by a loW-pass ?lter. Thus, the 
sequence of energy values only has loW-frequency compo 
nents for a frequency band. Accordingly, a reduction of the 
sampling rate is possible in accordance With the sampling 
theorem. After the decimation, the scaled and ?ltered 
sequence of vectors only has one vector per D segments 
instead of, originally, one vector per segment. Here, D is the 
decimation factor. The consequence of such an approach is a 
reduction of the data rate of the ?ngerprint signal. Thus, the 
removal of redundant information may, at the same time, be 
combined With a reduction of the amount of data. Such an 
approach reduces the magnitude of the resulting ?ngerprint of 
a given audio signal and thus contributes to e?icient utiliza 
tion of the inventive apparatus. 

In a further embodiment, the inventive apparatus includes 
a means for quantizing. Thus it is possible to effect, in addi 
tion to scaling, a second conversion of the range of values of 
the energy values. 

In a further embodiment, a high-pass ?lter is connected 
upstream of the means for quantizing, the high-pass ?lter 
being con?gured to reduce the amounts of-the values to be 
quantized. This alloWs a reduction of the number of bits 
required for representing these values in a non-signal-adapted 
quantizer. Thus, the data rate is reduced. In a signal-adapted 
quantizer, the number of bits does not depend on the amounts 
of the values to be quantized. 

In addition, entropy coding is preferred. This involves 
associating short code Words With frequently occurring val 
ues, Whereas long code Words are associated With rarely 
occurring values. The result is a further reduction of the 
amount of data. 

In a further embodiment, the means for quantizing may be 
con?gured such that the Width of quantization levels is larger 
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18 
for large energy values than for small energy values. This, too, 
entails a reduction of the number of bits required for repre 
senting an energy value, very small signals continuing to be 
represented With su?icient accuracy. 

In one embodiment, in particular, the means for quantizing 
may be con?gured such that the maximum relative quantiza 
tion error is the same for large and small energy values Within 
a tolerance range. The relative quantization error is de?ned, 
for example, as the ratio of the absolute quantization error for 
an energy value and the un-quantized energy value. The maxi 
mum is formed in a quantizing interval. An interval of :3 db 
about a prede?ned value may be used as the tolerance range. 
The maximum relative quantization error also depends on the 
bit Width of the quantizer. 

The embodiment described represents an example of sig 
nal-adapted quantizing. In the ?eld of signal processing, hoW 
ever, a variety of additional forms of signal-adapted quantiz 
ing are knoWn. In the inventive apparatus, any of the 
embodiments may be employed as long as it is ensured that it 
is adapted to the statistical properties of the energy values 
?ltered. 

In one embodiment, the means for quantizing may be con 
?gured such that the Width of quantization levels is larger for 
rare energy values than for frequent energy values. This, too, 
entails a reduction of the number of bits required for repre 
senting an energy value, and/ or a smaller quantization error. 

In a further embodiment, the means for quantizing is con 
?gured such that it associates a symbol With a vector of energy 
values processed. This symbol represents a vector quantizer. 
With the help of such a vector quantizer, a further reduction of 
the amount of data is made possible. 

Finally it is to be stated that the inventive apparatus and/or 
and inventive method comprise a very broad ?eld of applica 
tion. In particular, the above-described concept for producing 
a ?ngerprint may be employed in pattern-recognizing sys 
tems so as to identify or to characterize signals. In addition, 
the concept may also be used in connection With methods 
determining similarities and/or distances betWeen data sets. 
These may be database applications, for example. 

While this invention has been described in terms of several 
preferred embodiments, there are alterations, permutations, 
and equivalents Which fall Within the scope of this invention. 
It should also be noted that there are many alternative Ways of 
implementing the methods and compositions of the present 
invention. It is therefore intended that the folloWing appended 
claims be interpreted as including all such alterations, permu 
tations, and equivalents as fall Within the true spirit and scope 
of the present invention. 

What is claimed is: 
1. An apparatus for producing a ?ngerprint signal from an 

audio signal, comprising: 
a calculator for calculating energy values for frequency 

bands of segments of the audio signal Which are succes 
sive in time, an energy value for a frequency band 
depending on an energy of the audio signal in the fre 
quency band, so as to obtain a sequence of vectors of 
energy values from the audio signal, a vector component 
being an energy value in a frequency band; 

a scaler for scaling the energy values to obtain a sequence 
of scaled vectors; 

Wherein the scaler includes a means for taking the loga 
rithm and a suppressor for suppressing a steady compo 
nent Which is connected doWnstream of the means for 
taking the logarithm, 

Wherein the suppressor for suppressing a steady compo 
nent includes a high-pass ?lter; 
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a loW pass ?lter for temporally ?ltering the sequence of 
scaled vectors to obtain a ?ltered sequence Which rep 
resents the ?ngerprint signal, or from Which the ?nger 
print signal maybe derived; and 

a quantizer connected downstream of the ?lters and con 
?gured to quantize the ?ltered sequence or a signal 
based thereon so as to derive the ?ngerprint signal from 
the ?ltered sequence, 

Wherein the quantizer is con?gured such that a Width of a 
quantization level for a high energy value is larger than 
a Width of a quantization level for a small energy value. 

2. The apparatus as claimed in claim 1, Wherein one seg 
ment of the audio signal has a length in time of at least 10 ins. 

3. The apparatus as claimed in claims 1 or 2, Wherein the 
calculator for calculating energy values for frequency bands 
is con?gured to perform a discrete Fourier transform (DFT) 
by means of a fast Fourier transform (FFT) on the audio signal 
of a segment, to obtain Fourier coef?cients, to square 
amounts of the Fourier coef?cients, to obtain squared 
amounts of the Fourier coef?cients, and to sum up the squared 
amounts of the Fourier coef?cients band by band to obtain 
energy values for a frequency band. 

4. The apparatus as claimed in claim 1, Wherein the fre 
quency bands have a variable bandWidth, Wherein a band 
Width With frequency bands having higher frequencies is 
larger than a bandWidth With frequency bands having loWer 
frequencies. 

5. The apparatus as claimed in claim 1, Wherein the scaler 
is con?gured to compress a range of values of the energy 
values such that a range of values of compressed energy 
values is smaller than a range of non-compressed energy 
values. 

6. The apparatus as claimed in claim 1, Wherein the scaler 
is con?gured to normalize the energy values. 

7. The apparatus as claimed in claim 1, Wherein the scaler 
is con?gured to scale the energy values to a range of values 
betWeen a loWer limit and an upper limit, or to take a loga 
rithm of the energy values. 

8. The apparatus as claimed in claim 1, Wherein the scaler 
is con?gured to scale the energy values so as to correspond to 
the human loudness perception. 

9. The apparatus as claimed in claim 1, Wherein the scaler 
includes a means for taking the logarithm and a suppressor for 
suppressing a steady component Which is connected doWn 
stream of the means for taking the logarithm. 

10. The apparatus as claimed in claim 9, Wherein the sup 
pressor for suppressing a steady component includes a high 
pass ?lter. 

11. The apparatus as claimed in claim 1, Wherein the scaler 
is con?gured to perform a normalization of the energy values 
using a total energy created by forming a sum of several 
energy values, the normalization being performed by dividing 
the energy values, in a band-by-band manner, by a normal 
ization factor Which is identical With the total energy. 

12. The apparatus as claimed in claim 1, Wherein the ?lter 
for temporally ?ltering the sequence of scaled vectors is 
con?gured to achieve temporal smoothing of the sequence of 
scaled vectors. 

13. Apparatus as claimed in claim 1, Wherein the ?lter for 
temporal ?ltering includes a loW-pass ?lter having a cutoff 
frequency of less than 50 Hz. 

14. The apparatus as claimed in claim 1, Wherein the ?lter 
for temporally ?ltering the sequence of scaled vectors 
includes a high-pass ?lter With a cutoff frequency of less than 
10 Hz. 

15. The apparatus as claimed in claim 1, Wherein the ?lter 
for temporally ?ltering the sequence of scaled vectors 
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20 
includes a means for forming the difference betWeen tWo 
energy values in the same frequency band Which are succes 
sive in time. 

16. The apparatus as claimed in claim 1, Wherein the ?lter 
for temporal ?ltering includes a loW-pass ?lter as Well as a 
decimation means connected to an output of the loW-pass 
?lter and con?gured to reduce the number of vectors derived 
from the audio signal. 

17. The apparatus as claimed in claim 1, Wherein the ?lter 
for temporal ?ltering comprises a high-pass ?lter con?gured 
to reduce the range of values of the values to be quantized. 

18. The apparatus as claimed in claim 1, Wherein the quan 
tizer comprises such a classi?cation of the quantization levels 
that a maximum relative quantization error is identical for 
large and small energy values Within a tolerance range. 

19. The apparatus as claimed in claim 18, Wherein the 
tolerance range is 1 3 db. 

20. The apparatus as claimed in claim 1, Wherein the quan 
tizer is con?gured to use quantization levels on the grounds of 
an amplitude statistic, the quantization levels being adapted 
in accordance With the amplitude statistic of the signal to be 
quantized, Which statistic includes a statement about a rela 
tive frequency of values of the signal to be quantized, a ?ne 
classi?cation of the quantizing steps being effected for a 
range of values With values of the signal to be quantized 
having a high relative abundance, and a coarse classi?cation 
of the quantization levels being effected for a range of values 
With values of the signal to be quantized having a loW relative 
abundance. 

21. The apparatus as claimed in claim 1, Wherein the quan 
tizer is con?gured such that it associates a symbol With a 
vector of the ?ltered sequence. 

22. A method for producing a ?ngerprint signal from an 
audio signal, comprising: 

calculating energy values for frequency bands of segments 
of the audio signal Which are successive in time, an 
energy value for a frequency band depending on an 
energy of the audio signal in the frequency band, so as to 
obtain a sequence of vectors of energy values from the 
audio signal, a vector component being an energy value 
in a frequency band; 

scaling the energy values to obtain a sequence of scaled 
vectors Wherein scaling comprises taking the logarithm 
of the energy values; and 

suppressing, doWnstream With respect to taking the loga 
rithm, a steady component, using a high-pass ?ltering 
operation; 

temporally loW-pass ?ltering the sequence of scaled vec 
tors to obtain a ?ltered sequence Which represents the 
?ngerprint signal, or from Which the ?ngerprint signal 
may be derived; and 

quantizing the ?ltered sequence or a signal based thereon 
so as to derive the ?ngerprint signal from the ?ltered 
sequence or from the signal based thereon, Wherein a 
Width of a quantization level for a high energy value is 
larger than a Width of a quantization level for a small 
energy value. 

23. An apparatus for characterizing an audio signal, com 
prising: 

an apparatus or producing a ?ngerprint signal from an 
audio signal, comprising: 

a calculator for calculating energy values for frequency 
bands of segments of the audio signal Which are succes 
sive in time, an energy value for a frequency band 
depending on an energy of the audio signal in the fre 
quency band, so as to obtain a sequence of vectors of 
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energy values from the audio signal, a vector component 
being an energy value in a frequency band; 

a scaler for scaling the energy values to obtain a sequence 
of scaled vectors Wherein the scaler includes a means for 
taking the logarithm and a suppressor for suppressing a 
steady component Which is connected doWnstream of 
the means for taking the logarithm, 

Wherein the suppressor for suppressing a stead component 
includes a high-pass ?lter; 

a loW pass ?lter for temporally ?ltering the sequence of 
scaled vectors to obtain a ?ltered sequence Which rep 
resents he ?ngerprint signal, or from Which the ?nger 
print signal may be derived; and 

a quantizer connected doWnstream of the ?lters and con 
?gured to quantize the ?ltered sequence or a signal 
based thereon so as to derive the ?ngerprint signal from 
the ?ltered sequence, Wherein the quantizer is con?g 
ured such that a Width of a quantization level for a high 
energy value is larger than a Width of a quantization level 
for a small energy value; and 

a statement-maker about the audio content of the audio 
signal on the grounds of the ?ngerprint signal. 

24. A method for characterizing an audio signal, compris 
ing: 

producing a ?ngerprint signal using a method for produc 
ing a ?ngerprint signal from an audio signal, the method 
comprising: 
calculating energy values for frequency bands of seg 

ments of the audio signal Which are successive in 
time, an energy value for a frequency band depending 
on an energy of the audio signal in the frequency band, 
so as to obtain a sequence of vectors of energy values 
from the audio signal, a vector component being an 
energy value in a frequency band; 

scaling the energy values to obtain a sequence of scaled 
vectors Wherein scaling comprises taking the loga 
rithm of the energy values; 

suppressing, doWnstream With respect to taking the 
logarithm, a steady component, using a high-pass ?l 
tering operation: 

temporally loW-pass ?ltering the sequence of scaled vec 
tors to obtain a ?ltered sequence Which represents the 
?ngerprint signal, or from Which the ?ngerprint signal 
may be derived; and 

quantizing the ?ltered sequence or a signal based 
thereon so as to derive the ?ngerprint signal from the 
?ltered sequence or from the signal based thereon, 
Wherein a Width of a quantization level for a high 
energy value is larger than a Width of a quantization 
level for a small energy value, and 

making a statement about the audio content of the audio 
signal on the grounds of the ?ngerprint signal. 

25. A method for establishing an audio database, compris 
ing: 

producing a ?ngerprint for each audio signal to be captured 
in the audio database, using the method for producing a 
?ngerprint signal from an audio signal, the method com 
prising: 
calculating energy values for frequency bands of seg 

ments of the audio signal Which are successive in 
time, an energy value for a frequency band depending 
on an energy of the audio signal in the frequency band, 
so as to obtain a sequence of vectors of energy values 
from the audio signal, a vector component being an 
energy value in a frequency band; 
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22 
scaling the energy values to obtain a sequence of scaled 

vectors Wherein scaling comprises taking the loga 
rithm of the energy values; 

suppressing, doWnstream With respect to taking the 
logarithm, a steady component, using a high-pass ?l 
tering operation; 

temporally loW-pass ?ltering the sequence of scaled vec 
tors to obtain a ?ltered sequence Which represents the 
?ngerprint signal, or from Which the ?ngerprint signal 
may be derived; and 

quantizing the ?ltered sequence or a signal based 
thereon so as to derive the ?ngerprint signal from the 
?ltered sequence or from the signal based thereon, 
Wherein a Width of a quantization level for a high 
energy value is larger than a Width of a quantization 
level for a small energy value, 

for each audio signal to be captured, storing in the ?nger 
print as Well as further information in the audio database 
Which belongs to the audio signal, so that an association 
of a ?ngerprint and the corresponding information is 
given. 

26. A method for obtaining information on the grounds of 
an audio-signal database, Wherein associated ?ngerprint sig 
nals having been formed by a method for producing a ?nger 
print signal from an audio signal, the method comprising: 

calculating energy values for frequency bands of segments 
of the audio signal Which are successive in time, an 
energy value for a frequency band depending on an 
energy of the audio signal in the frequency band, so as to 
obtain a sequence of vectors of energy values from the 
audio signal, a vector component being an energy value 
in a frequency band; 

scaling the energy values to obtain a sequence of scaled 
vectors Wherein scaling comprises taking the logarithm 
of the energy values; 

suppressing, doWnstream With respect to taking the loga 
rithm, a steady component, using a high-pass ?ltering 
operation; 

temporally loW-pass ?ltering the sequence of scaled vec 
tors to obtain a ?ltered sequence Which represents the 
?ngerprint signal, or from Which the ?ngerprint signal 
may be derived; and 

quantizing the ?ltered sequence or signal based thereon so 
as to derive the ?ngerprint signal from the ?ltered 
sequence or from the signal based thereon, Wherein a 
Width of a quantization level for a high energy value is 
larger than a Width of a quantization level for a small 
energy value, 

are stored for several audio signals, and for obtaining a pre 
de?ned search audio signals, the method comprising: 
forming a search ?ngerprint signal belonging to the search 
audio signal using a method for producing a ?ngerprint signal 
from an audio signal, comprising: 

calculating energy values for frequency bands of segments 
of the audio signal Which are successive in time, an 
energy value for a frequency band depending on an 
energy of the audio signal in the frequency band, so as to 
obtain a sequence of vectors of energy values from the 
audio signal, a vector component being an energy value 
in a frequency band; 

scaling the energy values to obtain a sequence of scaled 
vectors Wherein scaling comprises taking the logarithm 
of the energy values; 

suppressing, doWnstream With respect to taking the loga 
rithm, a steady component, using a high-pass ?ltering 
operation; 
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temporally loW-pass ?ltering the sequence of scaled vec 
tors to obtain a ?ltered sequence Which represents the 
?ngerprint signal, or from Which the ?ngerprint signal 
may be derived; and 

quantizing the ?ltered sequence or a signal based thereon 
so as to derive the ?ngerprint signal from the ?ltered 
sequence or from the signal based thereon, Wherein a 
Width of a quantization level for a high energy value is 
larger than a Width of a quantization level for a small 
energy value, 

comparing the search ?ngerprint signal With at least one 
?ngerprint signal stored in the database, and making a state 
ment about the similarity thereof. 

27. The method as claimed in claimed 29, further compris 
mg: 

outputting metadata to the audio signals on Which the ?n 
gerprint signals stored in the database are based, depend 
ing on the statement about the similarity of the search 
?ngerprint signal With the ?ngerprint signals stored in 
the database. 

28. A computer readable medium having stored thereon a 
computer program having a program code for performing the 
method for producing a ?ngerprint signal from an audio sig 
nal, the method comprising: 

calculating energy values for frequency bands of segments 
of the audio signal Which are successive in time, an 
energy value for a frequency band depending on an 
energy of the audio signal in the frequency band, so as to 
obtain a sequence of vectors of energy values from the 
audio signal, a vector component being an energy value 
in a frequency band; 

scaling the energy values to obtain a sequence of scaled 
vectors Wherein scaling comprises taking the logarithm 
of the energy values; 

suppressing, doWnstream With respect to taking the loga 
rithm, a steady component, using a high-pass ?ltering 
operation; 

temporally loW-pass ?ltering the sequence of scaled vec 
tors to obtain a ?ltered sequence Which represents the 
?ngerprint signal, or from Which the ?ngerprint signal 
may be derived, and 

quantizing the ?ltered sequence or a signal based thereon 
so as to derive the ?ngerprint signal from the ?ltered 
sequence or from the signal based thereon, Wherein a 
Width of a quantization level for a high energy value is 
larger than a Width of a quantization level for a small 
energy value When the computer program runs on a 
computer. 

29. An apparatus for producing a ?ngerprint signal from an 
audio signal, comprising: 

a calculator for calculating energy values for frequency 
bands of segments of the audio signal Which are succes 
sive in time, an energy value for a frequency band 
depending on an energy of the audio signal in the fre 
quency band, so as to obtain a sequence of vectors of 
energy values from the audio signal, a vector component 
being an energy value in a frequency band; 

a scaler for scaling the energy values to obtain a sequence 
of scaled vectors Wherein the scaler includes a means for 
taking the logarithm and a suppressor for suppressing a 
steady component Which is connected doWnstream of 
the means for taking the logarithm, 

Wherein the suppressor for suppressing a steady compo 
nent includes a high pass ?lter; 

a loW-pass ?lter for temporally ?ltering the sequence of 
scaled vectors to obtain a ?ltered sequence Which rep 
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24 
resents the ?ngerprint signal, or from Which the ?nger 
print signal may be derived; and 

a quantizer connected doWnstream of the ?lters and con 
?gured to quantize the ?ltered sequence or a signal 
based thereon so as to derive the ?ngerprint signal from 
the ?ltered sequence, 

Wherein the quantizer is con?gured to use quantization 
levels on the grounds of an amplitude statistic, the quan 
tization levels being adapted in accordance With the 
amplitude statistic of the signal to be quantized, Which 
statistic includes a statement about a relative frequency 
of values of the signal to be quantized, a ?ne classi?ca 
tion of the quantizing levels being effected for a range of 
values With values of the signal to be quantized having a 
high relative abundance, and a coarse classi?cation of 
the quantization levels being effected for a range of 
values With values of the signal to be quantized having a 
loW relative abundance. 

30. An apparatus for producing a ?ngerprint signal from an 
audio signal, comprising: 

a calculator for calculating energy values for frequency 
bands of segments of the audio signal Which are succes 
sive in time, an energy value for a frequency band 
depending on an energy of the audio signal in the fre 
quency band, so as to obtain a sequence of vectors of 
energy values from the audio signal, a vector component 
being an energy value in a frequency band; 

a scaler for scaling the energy values to obtain a sequence 
of scaled vectors Wherein the scaler includes a means for 
taking the logarithm and a suppressor for suppressing a 
steady component Which is connected doWnstream of 
the means for taking the logarithm, 

Wherein the suppressor for suppressing a steady compo 
nent includes a high-pass ?lter; 

a loW-pass ?lter for temporally ?ltering the sequence of 
scaled vectors to obtain a ?ltered sequence Which rep 
resents the ?ngerprint signal, or from Which the ?nger 
print signal may be derived; and 

a quantizer connected doWnstream of the ?lters and con 
?gured to quantize the ?ltered sequence or a signal 
based thereon so as to derive the ?ngerprint signal from 
the ?ltered sequence, 

Wherein the quantizer comprises such a classi?cation of the 
quantization levels that a maximum relative quantiza 
tion error is identical for large and small energy values 
Within a tolerance range. 

31. A method for producing a ?ngerprint signal from an 
audio signal, comprising: 

calculating energy values for frequency bands of segments 
of the audio signal Which are successive in time, an 
energy value for a frequency band depending on an 
energy of the audio signal in the frequency band, so as to 
obtain a sequence of vectors of energy values from the 
audio signal, a vector component being an energy value 
in a frequency band; 

scaling the energy values to obtain a sequence of scaled 
vectors Wherein scaling comprises taking the logarithm 
of the energy values, and 

suppressing, doWnstream With respect to taking the loga 
rithm, a steady component, using a high-pass ?ltering 
operation; and 

temporally loW-pass ?ltering the sequence of scaled vec 
tors to obtain a ?ltered sequence Which represents the 
?ngerprint signal, or from Which the ?ngerprint signal 
may be derived; and 

quantizing the ?ltered sequence or a signal based thereon 
so as to derive the ?ngerprint signal from the ?ltered 



US 7,580,832 B2 
25 

sequence or the signal based thereon using such a clas 
si?cation of the quantization levels that a maximum 
relative quantization error is identical for large and small 
energy values Within a tolerance range. 

32. A method for producing a ?ngerprint signal from an 
audio signal, comprising: 

calculating energy values for frequency bands of segments 
of the audio signal Which are successive in time, an 
energy value for a frequency band depending on an 
energy of the audio signal in the frequency band, so as to 
obtain a sequence of vectors of energy values from the 
audio signal, a vector component being an energy value 
in a frequency band; 

scaling the energy values to obtain a sequence of scaled 
vectors Wherein scaling comprises taking the logarithm 
of the energy values; and 

suppressing, doWnstream With respect to taking the loga 
rithm, a steady component, using a high-pass ?ltering 
operation; 
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temporally loW-pass ?ltering the sequence of scaled vec 

tors to obtain a ?ltered sequence Which represents the 
?ngerprint signal, or from Which the ?ngerprint signal 
may be derived; and 

quantiZing the ?ltered sequence or a signal based thereon 
so as to derive the ?ngerprint signal from the ?ltered 
sequence or the signal based thereon, Wherein quantiZa 
tion levels on the grounds of an amplitude statistic are 
used, the quantiZation levels being adapted in accor 
dance With the amplitude statistic of the signal to be 
quantiZed, Which statistic includes a statement about a 
relative frequency of values of the signal to be quantiZed, 
a ?ne classi?cation of the quantiZing levels being 
effected for a range of values With values of the signal to 
be quantiZed having a high relative abundance, and a 
coarse classi?cation of the quantiZation levels being 
effected for a range of values With values of the signal to 
be quantiZed having a loW relative abundance. 

* * * * * 


